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(57) Abstract: In telecommunication devices like power amplifiers for cellular systems the amplitude of a transmission signal has 
to be limited to avoid signal deterioration. The improve the effciency of such amplitude limiter the present invention proposes to fed 
the input sample sequence to an estimation filter (56, 57) to determine the actual signal overshoot over a predefined threshold value. 
By this a clipping control signal to adjust the amplitude of the transmission signal accordingly can be generated with higher accuracy. 
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Amplitude limitation 



Field of the Invention 

5 The present invention relates to a communication system. The present invention 
relates especially to limiting the amplitude of a transmission signal, e.g., a 
telecommunication signal to be transmitted via a radio station. 

io Description of the Prior Art 

In telecommunications systems, usually a large number of communication channels 
is transmitted together via the same transmission medium, e.g., a radio frequency 
band. Various access schemes for placing communication channels on the 
15 transmission medium are known. A well-known scheme is CDMA (Code Division 
Multiple Access) where a number of different communication channels is 
transmitted simultaneously in a radio frequency band in such a way that they 
overlap in both the time domain and the frequency domain. 

In order to distinguish each communication channel signal from the other 
communication channel signals, each communication channel signal is encoded 
with one or more unique spreading codes, as is welHcnown in the art. By .... 
modulating each of the communication channel signals with a spreading code, the 
sampling rate (i.e., the "chip rate") maybe substantially increased in accordance 
with a spreading factor. For example, each communication channel signal is 
modulated in accordance with a digital modulation scheme, e.g., a quadrature 
amplitude modulation (QAM) or a phase shift keying (PSK) technique. 
Consequently, an in-phase and quadrature component signal is produced for each 
communication channel signal. QAM and PSK are well known in the art. The in- 
phase and quadrature component signals associated with each of the communication 
channels are then encoded using a unique spreading code sequence. The resulting 
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in-phase and quadrature component signal pairs are sampled (i.e., at the chip rate) 
and individually weighted. The in-phase and quadrature component signals are 
eventually combined to form a composite in-phase signal and a composite 
quadrature signal. The composite in-phase signal and the composite quadrature 
5 signal are then separately filtered by a low-pass, pulse shaping filter. Subsequent to 
filtering, the composite in-phase signal and the composite quadrature signal are 
modulated by a cosine-carrier and a sine-carrier respectively and combined into a 
single, multicode transmission signal, e.g., a CDMA signal. The single, multicode 
transmission signal is then up-converted by a carrier frequency and the signal power 

10 associated with the transmission signal is boosted by a high power amplifier prior to 
transmission. At the receiving unit, the baseband signal associated with each of the 
communication channel signals is extracted from the transmission signal by 
demodulating and decoding the transmission signal using the carrier frequency and 
the various spreading codes. Furthermore, it will be understood that in a typical 

1'5 cellular telecommunications system, the transmission source may, for example, be a 
high power base station, and the receiving entity may, for example, be a mobile 
station (i.e., a mobile telephone). 



20 Problem of Existing Technology 



In a base station usually more than one communication channel signal has to be 
transmitted via a common carrier signal or via neighbored carrier signals, wherein 
each of the carrier signals is modulated with its own unique carrier frequency. The 
25 one or more modulated carrier signals are then amplified independently by a 

corresponding number of high power amplifiers prior to transmission. Alternatively 
in case of more than one carrier signal, the two or more modulated carrier signals 
are combined into a single transmission signal, which is then amplified by a single, 
high power amplifier prior to transmission. 
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As one skilled in the art will readily appreciate, CDMA substantially increases 
system bandwidth, which in turn, increases the network's traffic handling capacity a 
whole. In addition, combining independent carrier signals into a single complex 
transmission signal, as described above, is advantageous in that a single high power 
5 amplifier is required rather than a separate high power amplifier for each 

independent carrier signal. This is advantageous because high power amplifiers are 
expensive, and employing one high power amplifier in place of many will result in 
substantial cost savings. 

10 Despite the advantages associated with CDMA, combining multiple communication 
channel signals and/or independent carrier signals, in general, significantly increases 
the peak-to-average power ratio associated with the resulting transmission signal. 
More specifically, the peak-to-average power ratio for a transmission signal can be 
determined approximately in accordance with the following relationship: 

PARp TA = PARp + 10* log (N) 

wherein PAR pTA represents the peak-to-average power ratio in dB of the 

corresponding composite signal, PARp represents the power ratio in dB of the low 

pass, pulse shaping filter and N represents the number of communication channels 
which make up the carrier (CDMA) signal. 

The problem associated with large peak-to-average power ratio is that it diminishes 
the efficiency of the high power amplifier in the transmitter. Efficiency as one 
skilled in the art will readily understand, is measured in terms of the amount of 
output power (i.e., Pmcan) divided by the amount of supply power. As peak power 
Ppeak increases relative to P mea n, the efficiency of the high power amplifier decreases. 

One possible solution is to simply limit or clip the amplitude (i.e., P pea k) of the 
carrier signal. Unfortunately, this is likely to result in the generation of 
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intennodulation products and/or spectral distortions. Intermodulation products 
and/or spectral distortions are, in turn, likely to cause interference between the 
various communication channel signals. Accordingly, this is not a preferred 
solution. 

5 

In WO 99/53625 the applicant therefore proposed an apparatus that estimates the 
amplitudes of each of a plurality of complex digital carrier signals based on their 
complex signal components. The computed amplitudes are then used to determine at 
least one scaling factor for scaling the complex components of each of the plurality 
10 of complex digital carrier signals prior to combining the complex amplitude limited 
carrier signals to form a transmission signal. 

Limiting the amplitude of a carrier signal allows reducing the maximum amplitude 
of the complex transmission signal in an efficient way. By reducing the amplitude 
15 the amplifier is prevented from being driven into its non-linear range. Thus 

additional intermodulation products etc. are avoided. For iterative estimation of the 
amplitudes of the individual carrier signals the CORDIC algorithm has been 
proposed. The amplitude of a signal may be estimated with a sufficient accuracy 
employing at least two iterations according to the CORDIC algorithm. 

20 As the amplitudes are limited before the signals are applied to pulse shaping filters 
the spectral width of the signal at the output of the pulse shaping filters still will stay 
within the limits that are given by the pulse shaping filters characteristics. Therefore 
this method is appreciated for its effectiveness and simplicity. However increases of 
the peak amplitude by overshoots of the pulse shaping filters have been observed. In 

25 Wideband CDMA systems, where root raised cosine filters (RRC) are used as pulse 
shaping filters these overshoots can cause a typical maximum additional peak to 
average value up to 4.5 dB higher than the peak to average amplitude after clipping. 
However these overshoots do not occur very frequently in a random like Wideband 
CDMA signal. Considering peak events with a probability (i.e. complementary 
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cumulative density) greater than 10" 4 only then the overshoots will increase the peak 
to average value only by 2.5 dB. 



5 Object of the Invention' 

A simple solution would be to use an appropriate higher back-off. However, as this 
considerably lowers the dynamic range of the transmitter Digital-to- Analogue 
converters with a corresponding larger range are required. But also designing the 
10 amplifier for a higher linearity range causes supplemental costs. It is therefore an 
object of the invention to ensure that signal overshoots introduced by devices that 
are inserted subsequent to amplitude limitation means do not substantially drive the 
power amplifier into a non-linear range nor do raise the costs for dimensioning the 
power amplifier. 

15 

Summary of the Invention 

This object is achieved by providing the estimation means with an estimation filter 
20 for determining the actual signal overshoot over a predefined threshold value that is 
introduced by devices that are inserted subsequent to the means for limiting the 
amplitude of the transmission signal. By this all signal overshoots that are 
introduced in a later processing stage can be taken into account. Thus it becomes 
obsolete to dimension the power amplifier with a safety margin for the overshoots 
25 of the later stages. 

The simplest embodiment is to implement the estimation filter as a copy of all signal 
affecting circuits in the subsequent signal path. However this solution may be 
suboptimal in view to implementation costs and signal delay. In a preferred 
30 embodiment of the invention the estimation filter shows less complexity than the 

circuits in the actual signal path. By this the estimation filter is less expensive than a 
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copy of the actual circuits and it could be optimized to show less delay time than the 
subsequent signal path. 

In another embodiment of the invention as an estimation filter only a replica of the 
5 pulse shaping filter is used. Depending on the (linearity of the) circuits in the 

subsequent path this could be a very effective restriction that is inexpensive but still 
with sufficient performance. Thus accurate clipping can be achieved with 
reasonable implementation costs, small output delay and with a constant 
computational load. 

10 

In another embodiment of the estimation filter the peaks of the signal overshoots are 
calculated by means of a recursive algorithm. That algorithm searches for signal 
peaks introduced by the amplitude affecting circuits, compensates the peaks and in 
recursive program calls thus eliminating peaks that are introduced by the 
15 compensation. 

In a further embodiment the amplitude limitation device is carried out by means of a 
multiplier that multiplies the transmit signal with a scaling factor. In an alternative 
embodiment of the amplitude limiting device this device is implemented by means 
20 of signal superimposition. That means that an adder is used to add a sequence of 
compensation samples to the transmit signal or as an equivalent solution to subtract 
a correspondingly complementary sequence of samples. 

25 Brief Description of the Invention 

In the following the invention will be further described according to the figures and 
by means of examples 

Fig. 1 : is a block diagram of a communication system in which the 
30 invention can be used 




WO 02/11283 PCT/EP01/08921 



Fig. 2 shows the general construction of a transmitter for a radio 

communication system 
Fig. 3 shows a detail of a transmitter with a clipping arrangement 

according to the invention 
5 Fig. 4 shows an estimation filter of the clipping arrangement in more 

detail 

Fig. 5 shows a diagram of the impulse response of a pulse shaping filter 
and how coefficients for a weighting filter can be chosen 

Fig. 6 shows an embodiment in which the compensation signal is 
10 generated as a superimposition sequence 

Fig. 7 shows a amplitude diagram in complex representation for 
weighted sum clipping 

Fig. 8 shows an amplitude diagram in complex representation for 
recursive sum clipping 
15 Fig. 9 shows a diagram with a comparison of bit error rates and peak-to- 

average reduction of prior art clipping, weighted sum clipping and 
recursive clipping 



20 Detailed Description 

In the following description, for purposes of explanation and not limitation, specific 
details are set forth, such as particular embodiments, circuits, signal formats, 
techniques, etc. in order to provide a thorough understanding of the present 

25 invention. However, it will be apparent to one skilled in the art that the present 
invention may be practiced in other embodiments that depart from these specific 
details. For example, while the present invention is described in the context of a 
base station transmitter, the present invention may be applied to any transmitter, e.g. 
in a mobile station. In other instances, detailed descriptions of well-known methods, 

30 devices, and circuits are omitted so as not to obscure the description of the present 
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invention with unnecessary detail. Moreover, individual function blocks are shown 
in some of the figures. Those skilled in the art will appreciate that the functions may 
be implemented using individual hardware circuitry, using software functioning in 
conjunction with a suitable programmed digital microprocessor or general purpose 
5 computer, using Application Specific Integrated Circuit (ASIC), and/or using one or 
more Digital Signal Processors (DSPs). 

The present invention is described in the context of a CDMA cellular radio tele- 
communications system 10 as shown in Fig. 1. A representative, circuit-switched, 

10 external core network shown as cloud 12, may be for example the Public Switched 
Telephone Network (PSTN) and/or the Integrated Services Digital Network (ISDN). 
A representative, packet-switched, external core network shown as cloud 14, may be 
for example the Internet. Both core networks are coupled to one or more core 
network nodes 16. Examples of core network service nodes in a mobile switching 

15 center (MSC) node and a gateway MSC (GMSC) provide switching services and a 
serving general packet radio services (GPRS) support node (SGSN) and a gateway 
GPRS support node (GGSN) to provide packet services. The core network service 
node(s) is(are) connected to one or more base station controllers 17 and/or one or 
more radio network controllers (RNCs) 18. Each such controller establishes and 

20 releases a particular connection between one or more base stations (BSs) 20 and 
user equipment (UE)/mobile station (MS) 24 including the selection and allocation 
of spreading codes and diversity handovers. A base station 20 handles the CDMA 
radio interface to mobile station 24 and includes radio equipment such as 
transceivers, digital signal processors, and antennas required to serve each cell and 

25 cell sector in the network. As shown for one base station 20, each base station may 
include multiple cells 22, and each cell preferably includes two diversity antennas. 

As an embodiment of the invention a transmitter for wideband code division 
multiplex access (W-CDMA) communication systems has been chosen. W-CDMA, 
30 as it is designed and standardized at the moment by 3GPP (third generation 



. WO 02/11283 




PCT/EP01/08921 



partnership project), provides direct sequence spreading to allow different users to 
share a common carrier frequency band by applying uniquely assigned code 
sequences, so-called spreading codes to their data. The prefix "Wideband" has been 
chosen as the common frequency band covers five Megahertz. It is a general 
5 property of direct sequence spreading that the data rate of the spreading codes is 
always higher than the data rate of the user data. To distinguish the bits of the user 
data from the bits of the spreading code a bit of the spreading code is called chip 
and the data rate of the spreading code therefore chip rate. The sum of all signals in 
a CDMA frequency band appears statistically as a random signal, comparable to a 
10 noise signal. As the spreading codes are usually chosen in a way that they are 
orthogonal a receiver with the knowledge of a particular used spreading code is 
capable to extract a signal transmitted by a specific user from that "noise signal". 

To improve the performance of 3GPP W-CDMA systems the spreading codes are 
15 composed of two separate codes in a way that preserves the orthogonal properties of 
these codes. A first code is used to distinguish different users in a cell from each 
other. As by this first code a separate physical channel can be assigned to each user 
(in the same frequency band) this first code is called channel code c C h. As the codes 
are constituted in an appropriate way it is very easy to adapt the data rate of each 
20 channel by assigning a channel code with an appropriate length. A second code, the 
scrambling code c scram b is used to distinguish neighbored or overlaid cells. 

Fig. 2 shows a block diagram of a radio transmitter according to the invention 
designed for a base station of a W-CDMA system in which up to the generation of a 
25 first intermediate frequency (IF) signal all signals are processed exclusively as 
digital signals. The digitally generated intermediate frequency signal IF is then 
converted to an analogue signal and up-converted to a desired transmitter radio 
frequency signal. 
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Binary user data b, which is a multiplexed binary data stream of useful bits (e.g. 
digital encoded speech signals) and control information is encoded and interleaved 
in an encoder and interleaver 3 1. As in down-link the W-CDMA systems applies a 
QPSK-modulation scheme, every two succeeding bits of the binary data stream at 
5 the output of the interleaver 31 are mapped by a base band modulator 32 to a 

complex base band format, consisting of an in-phase component i and a quadrature 
component q. Each component is still a binary signal. To distinguish the data of 
different users a channel spreader 33 multiplies each base band signal component i, 
q with a binary channel code sequence c c h that has been assigned individually to 
10 each user. Thus the output signal of the channel spreader 33 is still a binary signal. 
To adjust the output power of each channel the channel coded in-phase and 
quadrature binary signals are multiplied by gain control means 34 with a gain factor 
GAIN giving samples with a bit width greater than one. In this embodiment the bit 
width of those samples has been chosen to fourteen bits. 

15 

For reasons of clarity up to here only the processing of a single channel has been 
described, In a base station of course a multitude N of channels is processed in 
parallel. To form a single wideband output signal the in-phase and the quadrature 
components i, q of all these channels 1 ... N are summed up separately by two 

20 adders 35 giving sum signals I and Q. In a commercial product the number of 
channels is e.g. sixty four or even twice this number. By means of a complex 
multiplier 36 these signals are multiplied with the complex scramble code c scram b. 
Each scrambled component signal F, Q' is then processed separately again. As in 
3GPP the chip rate of the scrambling code sequence c scram b and channel code 

25 sequence c c h as well have been fixed to 3,84 Megachips per second (Mcps) the 

sample rate of the two scrambled component signals I\ Q* is increased by spreading 
and scrambling to this value. The baseband signal I,Q is then processed in a clipping 
unit 37 to generate a clipped baseband signal 7, Q . 
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By means of the digital filter arrangement 38 the component signals I\ Q* are 
shaped and up-sampled to 30,72 Msps. Then the up-sampled digital component 
signals are converted by two digital-to-analogue converters (DAC) 39 to analogue 
component signals. A quadrature modulator 40 modulates in well-known manner 
5 the composite analogue in-phase signal by a cosine-carrier and the composite 

analogue quadrature signal with a sine-carrier, both having the same frequency. The 
quadrature modulator 40 then combines the modulated, composite in-phase signal 
with the modulated, composite quadrature signal thus generating an intermediate 
frequency signal IF. A conventional band pass filter 41 connected to the output of 
10 the quadrature modulator 40 suppresses undesired intermodulation signals. The 
band-passed filtered intermediate frequency signal is fed to an up-converter 
arrangement 42 by which the intermediate frequency signal is up-converted to the 
given carrier frequency. The up-converted carrier signal is then amplified by a 
power amplifier 43 and fed to an antenna 44. 

15 

Considering only the influence of the number N of multiplexed baseband signals the 
ratio of peak amplitude to average amplitude (PAR) is equivalent to 10 log(N) dB. 
Thus in case of sixty four multiplexed signals the Peak to Average Ratio PAR is 
about 1 8,1 dB and for one hundred twenty eight multiplexed signal the Peak to 

20 Average Ratio PAR is about 21,1 dB. It is evident that designing a power amplifier 
with an according backoff to cope with such high peak amplitudes is extremely 
expensive. However, due to the quasi random nature of the multiplexed W-CDMA 
baseband the frequency of signals with a high peak amplitude declines with their 
amplitude. As each channel is multiplied with its own orthogonal code sequence c C h 

25 and the number of individual channels is sufficiently high the sum signal of the 
individual channels F, Q' signals has properties of a white gaussian noise signal 
with a mean power P mea n. This mean power P mean is correlated to an average 
amplitude of that signal. A design criteria of a power amplifier PA that has a high 
impact on circuit costs besides the mean power is the linearity range in which an 

30 amplitude is not deteriorated. One reason why driving an amplifier into a non-linear 
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range has to be avoided is that due to intennodulation effects out-off band emissions 
are generated which cause distortions in other frequency bands. As a design criteria 
the probability that peak amplitudes above the linear range amax occur have been 
chosen to be less than 10^. Under this restriction the effective peak-to-average ratio, 

5 which has to be regarded in amplifier design, has the realistic value of 9,65 dB. 
However this value is also too high for economic high power amplifier design. A 
way out of this dilemma is to limit the amplitudes to a given maximum amplitude 
amax. As mere clipping of the amplitudes would change the spectrum of the transmit 
signal too much adaptive clipping is well used in prior art. In a signal interval that is 

10 larger than the peak itself, all amplitudes are scaled down, thus that the peak 
amplitude does not exceed the chosen maximum amplitude amax. 

As by this a certain number of chips during a symbol or bit duration is destroyed as 
a consequence this leads to a corresponding increase of the bit error rate in a 

15 receiver. By setting the clipping amplitude amax the peak-to-average ratio of the 
clipped transmission signal can be set to a certain value. With a reduced peak-to- 
average ration also the linearity range of the power amplifier can be reduced 
accordingly. But as the bit error rate of the received signal increases with decreasing 
clipping amplitude the value of the clipping amplitude is a result of a tradeoff 

20 between an intentionally admitted deterioration of the received signal and the costs 
that can be saved by this measure. Simulations for a 3GPP W-CDMA system have 
shown that setting the clipping amplitude to a value that results in a reduction of 2,8 
dB peak-to-average ratio does increase the bit error rate in case of Eb/No = 2dB from 
0.9* 1CT 3 to 10" 3 (Please look in Fig. 9 at the curve Conv which stands for 

25 conventional clipping or prior art clipping respectively). That increase seems 

tolerable. Of course no general rule can be given as the result depends from various 
factors like the system parameters (modulation scheme, encoding, error protection, 
. . .) and propagation conditions like channel properties, number of propagation 
paths, fading frequencies, and noise as well. A reduction of 3dB in the dimension of 
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the peak power of an amplifier means that the main costs for the semiconductors 
and for heat sink are reduced to a half. 



To illuminate the adaptive clipping scheme of the present invention reference is 
5 made now to figure 3 which shows the clipping unit 37 in more detail. This clipping 
scheme has one main branch, the transmit path 51 and the so-called test path 52. 
The transmit path 51 should be understood to extend also behind the clipping unit 
37 until the antenna 44. In the transmit path 51a delay means 53 is inserted for 
compensating the processing delay introduced by the test path 52. The delayed 

10 baseband signal I, Q is clipped by clipping means 54. The clipping function of the 
clipping means 54 is controlled by a settable threshold t and a scaling factor f that 
has been evaluated in test path 52. A signal the amplitude of which exceeds the 
given threshold t is scaled down by the scaling factor f. As the delayed baseband 
signal is multiplied with the scaling factor f only the amplitude of the baseband 

15 signals is modified. This kind of clipping is one of the most simplest forms of 

clipping. However, the general idea of the invention to use an estimation filter in a 
test path is applicable to any form of clipping, e.g. to clipping methods that do not 
only change the amplitude of the signal to be clipped but also do modify its phase. 

20 To calculate the scaling factor f the unclipped baseband signal I, Q first may be pre- 
clipped to a fixed predetermined clipping level by a pre-clipping means 55 by a pre- 
clipping factor p. The pre-clipped signal 7, Q then passes a test filter 46 that has the 
same, or at least comparable pulse shaping characteristics as the pulse shaping filter 
38 that succeeds the clipping means 31. In the preferred embodiment the impulse 

25 response of this test filter 56 is a down-sampled version of the pulse shaping filter 
38 in the transmit path. If the test filter 56 is designed too simple in some worst case 
overshoot amplitudes, which may be slightly larger than the sampled values may be 
missed by the test filter 56. For ensuring higher precision in overshoot estimation a 
subsequent interpolation block 57 may be included as an option, too. The output of 

30 the interpolation means 57 is a test signal I y Q that in ideal circumstances is an 
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adequate estimate of the signal in the transmit path after the pulse shaping filter 38 
that would appear if no clipping is applied. Thus test filter 56 and interpolation 
means 57 constitute an estimation filter. 

» 

5 By comparing the test signal J, Q and a given limit amax for the amplitude a clipping 
control means 58 decides if clipping has to be performed. In case of clipping the 
factor f is calculated to determine to which extend the delayed baseband signal I, Q 
of the transmit path 51 has to be scaled down. The factor f of course has to include 
the pre-clipping factor p of the pre-clipping unit 55 if the pre-clipping unit 55 is 

10 inserted in the test path 52. In case a pre-clipping unit is inserted in the transmit path 
51 before the test path 52 is split apart the pre-clipping factor must not be 
considered by clipping control means 58. As already discussed in prior art clipping 
may also be achieved by adjusting the threshold t at which clipping is triggered 
using a fixed clipping factor f. A person skilled in the art will appreciate that any 

15 combination of adjusting clipping level, using fixed or varying scaling factors, or 
any other technique to adjust the baseband signal is within the teaching of the 
invention. 

The pre-clipping means 55 is optional and may be used to reduce the complexity of 
20 the test filter 56 and the interpolation means 57. Another advantage is that by pre- 
clipping the possible numeric range of the samples is reduced thus that the further 
calculations can be carried out with a reduced word length. Amplitudes of the 
unclipped baseband signal I, Q that exceed a given pre-clipping threshold t p , that 
may be larger than the given amplitude limit, are reduced, e.g. by a constant factor 
25 p. The pre-clipping threshold t p and the factor p may be chosen thus that a reduced 
number of baseband signals with too high amplitude still remain which have to be 
further processed in the test path. The pre-clipping means 55 may also be designed 
thus that all amplitudes above the given limit for the amplitudes are reduced thus 
that they do not exceed the given limit. In this case the test filter 56 and the 
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interpolation means 57 must only take into consideration the overshoots caused by 
the fully limited baseband signal 7,Q . 

Although the estimation filter 56, 57 may be used to estimate all effects of linear 

5 distortions in the transmit path in the preferred embodiment for a Wideband-CDMA 
transmitter for a 3GPP system it turned out to be sufficient to consider only the 
impact of the pulse shaping filter 38 as the main contributor to overshoots. In the 
current application the pulse shaping filter 38 is a combination of a root raised 
cosine filter and several up-sampling stages. The clipped baseband signal I, Q is 

10 represented by a pair of fourteen bit samples at a sampling rate of 3.84 Msps. The 
root raised cosine filter is implemented as a finite impulse response filter (FIR) with 
seventy seven taps. The signal is up-sampled four times, each time by a factor of 
two. After each up-sampling step the up-sampled signal is interpolated by an 
interpolation filter. The design is made thus, that the three interpolation filter are 

15 identical at each stage. The interpolation filter are also implemented as FIR filter, 
each having twenty two taps. Thus for the pulse shaping filter 38 in each signal 
branch 143 taps are used in total. Depending on the degree of accuracy it is apparent 
that it is rather complex to imitate this filter. However, to fulfill the technical 
regulations of the specifications for 3GPP W-CDMA the pulse shaping filter 38 has 

20 to be very accurate and follows with high precision the exact mathematical filter 
characteristic of a raised root cosine filter. In fact the signal difference between the 
root raised cosine function and the implemented pulse shaping filter 38 is far lower 
than the tolerance that has been decided to be tolerable for the approximation by the 
estimation filter 56, 57. Therefore in the preferred embodiment the estimation filter 

25 56, 57 estimates rather the root raised cosine filter than to try to estimate the signal 
response of the original pulse shaping filter 38. 



30 



Since the estimation filter is used only to determine the clipping level, but not to 
generate a radio signal with full accuracy the amplitude information is of greater 
importance than other filter criteria like phase information. Therefor a replica of the 
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pulse shaping filter with sufficient amplitude accuracy can be designed with a FIR 
filter with about twenty to thirty taps. Although this means a reduced complexity in 
comparison to the original pulse shaping filter 38 with 143 taps a even smarter 
solution has been found. 

5 

A preferred embodiment of the estimation filter is shown in Fig. 4 in complex 
representation, e.g. all signal samples must be seen with their in-phase and their 
quadrature component. The filter is based, like the pulse shaping filter 38 on a finite 
impulse response filter. The estimation filter comprises a number n t of taps 60 and a 

10 number n s of adders 62. Hereby the number of adders 62 n s is lower or equal than 
the number n t of taps. For reasons of conciseness the filter is shown with three taps 
and three adders. The optimum number of taps and adders will be discussed later on. 
Each adder 60 calculates the sum of individually weighted outputs of each tap. The 
output of the taps are multiplied in multipliers 61 with weighting factors w n ... w 33 . 

15 Thus by properly assigning the weighting factors Wn . . . w 33 each adder 62 is 
calculating one of the oversampled estimates of the pulse shaping filter 38. 
Weighted clipping, as this method is named takes advantage from the fact that when 
clipping starts and ends at fixed time instants, eg.g the chip interval, the accurate 
time time instant of the peak amplitude within that time interval must not be known. 

20 Therefore the preferred embodiment does not consider the time instants inserted by 
up-sampling and leads same taps of the finite impulse response filter to different 
adders 62. Although the output of the adders correspond to different time instants, 
but within the clipping interval they can be summed up and compared at the same 
time. The output of the adders 62 are input to amplitude determination means 63, 

25 that determine the value of the amplitude from their complex representation. A 
method well known from prior art, like the CORDIC algorithm is used for this 
purpose. A maximum determination unit 64 outputs the maximum found amplitude 
precast a among the output values of amplitude determination means 63. This 
maximum amplitude precast a is input to a limiter 65. The limiter 65 outputs the 

30 scaling factor f which is exact one if no limitation is needed. Otherwise the 
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limitation factor is the ratio between clipping amplitude and the maximum precast 
amplitude a. 

As it already popped up in the foregoing the complexity of the estimation filter 56, 
5 57 is tied to the approximation error. The more accurate the approximation is the 
less backoff margin is needed. Simulation results have shown that using more than 
seven taps for the test filter 56 and using more than five adders in the interpolation 
filter 57 may improve accuracy but does not improve the performance of the 
clipping method. However as the admissible probability that the Peak to Average 
10 Ratio PAR exceeds 1CT 4 is chosen somehow in rough guess also the effect of this 
limit has been verified by simulations evaluating the Bit Error Rate and Modulation 
Error. The results show that the performance loss by a clipping method according to 
the invention is equal to only 0,25 SNIR (signal-to-noise interference). 

15 Fig. 5 shows the impulse response of the root raised cosine filter 38. The weighting 
factors Wmn can be calculated from the formula 

«. .,/,- , Mm-n, -1 ) ( n-(„, +l)/2 Y| 

20 where T c is the chip interval and i = argmax ^(t). Figure 5 illustrates where ^(t) is 
sampled to obtain the sum weights for an estimation filter with five taps (lit = 5) and 
five adders (n s = 5). 

As it is known from prior art in systems using a power control loop between 
25 transmitter and receiver must ensure that the clipping does not change the mean 
power. Otherwise the power control loop will steadily increase the transmit power 
to counterfeit assumed transmission losses that are in reality the result of the 
clipping. Therefore the control unit 58 also generates a power adaptation control 
signal S p that is input to a power adaptation unit 59. In the power adaptation unit 59 
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the input samples are re-scaled by means of the power adaptation signals S p . That 
means that in a time interval preceding and/or succeeding the clipped peak 
amplitude the samples are enlarged to hold within that time interval the mean power 
constant. As an easy to handle time interval the time interval T c of a chip sequence 
5 is preferably chosen. In this embodiment scaling factor f and power adaptation 

factor S p each control a multiply operation of the in-phase and quatrature samples of 
the complex transmission signal I, Q. 

Figure 7 shows a diagram with all amplitudes samples of chip where a amplitude 
10 limitation has taken place. The diagram is normalized that the unit one corresponds 
to the clipping amplitude a,™*. Each line is a sample value plotted with its real part 
and imaginary part. The straight end of each line depicts the value of a sample of the 
original transmit signal and the end with the dot indicates to which value the sample 
has been scaled down. As easily can be seen, after adaptive clipping all samples are 
15 within a circle that corresponds to the clipping amplitude amax. As it can be seen also 
all phase information has been let untouched. 

In another embodiment of the invention the estimation filter is implemented by an 
algorithm that searches for signal peaks exceeding a certain threshold. Fig. 6 shows 

20 an corresponding arrangement. In the main branch of the clipping device 37 there is 
still delay means 70 and clipping means 71 . In contrast to clipping means 54 of the 
first embodiment clipping is achieve by superimposition of a correction sequence 
Ac. This algorithm may be carried out for example by a digital signal processor 
(DSP) 72. In a combined step the peak search algorithm calculates a compensation 

25 signal or a sequence of digital compensation samples respectively that are 

subtracted from the transmit signal to achieve directly the desired amplitude limited 
signal and to maintain at the same time the mean transmit power. In mathematical 
terms this can be expressed as that the absolute value of the amplitude limited signal 
7 (t) as the target function has to be lower or equal a given threshold Thp. The 

30 desired amplitude limited signal s(t) is the sequence of symbols c[k] that have been 
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convoluted with the function *F that represents the undesired amplitude affecting 
effects, e.g. overshoots etc. of circuits subsequent to the amplitude limiter 37. As in 
the foregoing example the pulse shaping filter 38 is considered as the main 
contributor this function can be restricted to the contribution of the pulse shaping 
5 filter 38. Thus the following equation is obtained: 



%{k}e($-kr\*Th, (i) 

As boundary conditions the mean square error between each symbol c[k] and the 
10 corresponding symbol c (k) that is obtained by amplitude limitation has to be a 

minimum. Unfortunately the solution of this problem is only possible as soon as the 
complete chip sequence is known. Since real communication systems require a 
limited latency time or output delay the optimal solution can not be used in praxis. 
As a way out the proposed algorithm searches for peaks, that are defined that their 
15 amplitude of a signal s(t) exceeds a threshold S p and there is a local minimum at 
time t p . This peaks are modified by a sequence of compensation signals to achieve 
the desired amplitude limited signal. Since this modification could produce new 
peaks, the algorithm looks for new introduced peaks and therefore has to be carried 
out recursively until all peaks have been removed. 

20 

In the following the algorithm is disclosed in a C-style pseudo code that offers more 
detail of the algorithm: 




Variables: 

25 t v> i, Afcy: begin and length of the interval where VF does not deliver any 
substantial contribution 
Akt : delay between algorithm input and output 

c[k] : array with original chip sequence 

c [k] : array with modified chip sequence 
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t p : position of last removed peak 

kmax : index of currently available element c[k] 



kmax = 0; tp=0; c[k]=0 

5 

repeat until all peaks removed { 

wait until cfkmax] is available; 

while ( incremental search from t p to kmax T c + t Vt i yields peak s(t p 2 )){ 
10 do { 

remove peak at t p ; 

while ( decremental search from t P to t p - At? yields peak s{t p 2 )); 
> 

15 output Cmpc ' c [k^ - Afc, ] 

kmax = kmax + 1 » 

} 



The main loop is executed for every chip c[k] which becomes available. Then all 
20 peaks for t < IwTc + t^i are removed. This part of s(t) is independatn from chips 
with k > kmax, so that it will not be changed anymore when new chips become 
available. At the end, the chip c [k^ - A*,], scaled with the appropriate mean 
power correction factor Cmpc is output. In contrast to prior art clipping or the 
weighted clipping described before, there is no simple relationship between the 
25 mean power correction factor S p used there and the mean power correction factor 
Cmpc used here. Cmpc for instance may be calculated by measuring the mean power 
over one time slot and adjusting the mean power accordingly that it is the same after 
clipping. The output delay Akj is chosen sufficiently large, so that no further 
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15 



20 



modifications of c [k^ - Ak t ] must be expected. Akj > 2 AVT C proved to be 
sufficient. 

The overshoot error As(t) for a peak at the time t p can be calculated by 



with the root raised cosine impulse response or with a limited interval of it. Thus a 
correction sequence for a detected peak amplitude at a time instance k is generated. 
This correction sequence enables the peak reduction with a minimal difference of 
original sequence and corrected/clipped sequence under the condition of a maximal 
allowed amplitude amax- In contrast to prior art clipping and the weighted sum 
clipping not only a symbol at a time instant k is modified, but also symbols before 
and behind Additional while As(t) is acomplex value, both amplitude and phase are 
affected. However this is the reason for the superiority of this clipping method. 

Fig. 8 illustrates how the recursive peak removal algorithm modifies a chip 
sequence. As can be seen, not only the amplitude, but also the chip phase is altered 
to achieve peak power reduction. The advantage of this method is that it is 
mathematically exact and thus always yields the best possible solution. 

In Fig. 9 the results of prior art clipping (curve Conv), weighted sum clipping (curve 
WSC with an estimation filter with 5 taps and five adders) and recursive peak 
removal (curve RPR) are compared with at Eb/N 0 = 2 dB in a simulation for a 3 GPP 
system. For example at a tolerated bit error rate of 10" 3 the benefit with weighted 
sum clipping is 1,2 dB in comparison to prior art clipping. With recursive peak 




(2) 



This overshoot error As(t) has to be filtered according to 
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removal the gain is even more than 2 dB in comparison to prior art clipping. 
However if a higher bit error rate is tolerate the benefits even slightly increase. 

Accordingly, while the present invention has been described with respect to a 

5 particular embodiment, those skilled in the art will recognize that the present 

invention is not limited to the specific embodiments described and illustrated herein. 
Different formats, embodiments, and adaptations besides those shown and described 
as well as many modifications, variations, and equivalent arrangements may also be 
used to implement the invention. E.g. usually the pulse shaping filter 38 is the only 

10 device in the transmit path that causes signal overshoots. So it is sufficient to design 
the test filter 56 according to the properties of the pulse shaping filter 38 in the 
transmit path. But as it will be readily appreciated any other or further amplitude or 
phase affecting device in the transmit path of a transmitter may be estimated by the 
test filter 56 and the interpolation means 57 and thus could be compensated by 

15 clipping means 54. The benefits of the invention are not restricted to single carrier 
amplifiers. Like in prior art discussed above the invention is of course applicable to 
multi carrier amplifiers. Therefore, while the present invention has been described 
in relation to its preferred embodiments, it is to be understood that this disclosure is 
only illustrative. Accordingly, it is intended that the invention be limited only by 

20 the scope of the claims appended hereto. 
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Claims 



1 • Telecommunication device with means for limiting (37) an amplitude of a 
5 transmission signal derived from a sequence of input samples, comprising: 

- amplitude adjusting means to adjust the amplitude of said transmission 
signal 

- estimation means for estimating the amplitudes of said transmission signal 

- control means for calculating a maximum amplitude based on the estimated 
10 amplitude and using the result of the calculation for controlling the amplitude 

adjusting means 
characterized in that 

the estimation means comprises an estimation filter (56, 57) to determine the 
actual signal overshoot over a predefined threshold value that is introduced by 
15 devices (3 8) that are inserted subsequent to the means for limiting the amplitude 

(37) of the transmission signal. 

2. Telecommunication device according to claim 1 whereby the estimation filter 
(56,57) is carried out as a copy of signal affecting circuits in the transmission 

20 signal path. 

3. Telecommunication device according to claim 1 or 2 whereby the estimation 
filter is a finite impulse response filter. 

25 4. Telecommunication device according to claim 3 with at least two adders, each 

adder having at least two inputs, whereby at least one of the taps of the FIR filter 
is input to more than one adder. 



5. 

30 



Telecommunication device according to claim 1 or 2 whereby the estimation 
filter is based on a recursive algorithm. 
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6. Telecommunication device according to claim 1, 2, 3, 4 or 5 whereby the control 
signal controls a multiplier. 

7. Telecommunication device according to claim 1, 2, 3, 4 or 5 whereby the control 
5 signal is superimposed to the transmit signal. 

8. Telecommunication device according to one of claims 1, 2, 3 whereby the 
telecommunication device is a transmitter for wireless communication. 

10 9. Telecommunication device according to claim 5 whereby the telecommunication 
device is a base station for code division multiplex access system. 

10. Method for limiting the peak-to-average power ratio of a transmit signal 
comprising the steps of: 
15 - estimating the amplitudes of the transmit signal, 

- calculating a maximum amplitude based on the estimated amplitude 

- using the result of the calculation for adjusting the amplitude of the 
transmission signal 

characterized in that 
20 the in the step of estimating the amplitudes of the transmit signal the actual signal 
overshoot over a predefined threshold value that is introduced by devices (38) that 
are inserted subsequent to means for limiting the amplitude (37) of the transmission 
signal are determined and considered in the adjusting step. 

25 11. Method according to claim 1 1 wherein a search for a peak amplitude that 

exceeds a given threshold is made, in case a peak amplitude is found that peak 
amplitude is removed by a compensation sequence and that the search for peaks 
exceeding the given threshold is repeated as often as a considerable peak 
remains. 



30 
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12. Method according to claim 1 1 wherein the mean power of the uncorrected 
sample sequence and the corrected sequence is hold equal. 



5 



13. Computer program product with an executable computer programm for carrying 
out one of the moethods of claim 10-11. 
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